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Abstract
Ambient Assisted Living (AAL) technologies are being devel-
oped which could assist elderly people to live healthy and ac-
tive lives. These technologies have been used to monitor peo-
ple’s daily exercises, consumption of calories and sleeping pat-
terns, and to provide coaching interventions to foster positive
behaviour. Speech and audio processing can be used to comple-
ment such AAL technologies to inform interventions for healthy
ageing by analyzing acoustic data captured in the user’s home.
However, collection of data in home settings present a number
of challenges. One of the most pressing challenges concerns
how to manage privacy and data protection. To address this is-
sue, we have developed a low-cost system which can extract
audio features while protecting the actual spoken content upon
detection of voice activity, and store audio features for further
processing which offer privacy guarantees. These privacy pre-
serving features are being tested in the context of a larger project
which includes health and well-being monitoring and coaching.
Index Terms: Ambient Assisted Living, Cognitive Health, Hu-
man Behaviour Analysis, Social Signal Processing

1. Introduction
Health and wellbeing monitoring using AAL technologies in-
volves developing systems for automatically detecting and
tracking a number of events that might require attention or
coaching. In the SAAM project [1], we are employing AAL
technologies to analyse activities and health status of elderly
people living on their own or in assisted care settings, and to
provide them with personalised multimodal coaching. Such
activities and status include mobility, sleep, social activity, air
quality, cardiovascular health, diet [2], emotions [3] and cogni-
tive status [4]. While most of these signals are tracked through
specialised hardware, audio and speech are ubiquitous sources
of data which could also be explored in these contexts. Speech
quality and activity, in particular, closely reflect health and well-
being. We have explored the potential of speech analysis for
automatically recognizing emotions [3], cognitive difficulties
[4] and eating-related events [2] in the SAAM AAL environ-
ment. AAL technologies and coaching systems such as SAAM,
which focus on monitoring of everyday activities, can benefit
from recognition of these audio events in characterising con-
textual information against which other monitoring signals can
be interpreted. One of the major challenges in collecting audio
data in home environments for the development of health mon-
itoring technology is user privacy. To address user privacy con-
cerns, we developed a low-cost system which records content-
free, anonymised audio features for automatic analysis. In par-
ticular, we extract features such as the eGeMAPS set [5] which
we have used to detect specifiec behaviours in the above men-
tiond applications [2, 3, 4]. These features are computed using

different statistical functionals over at the utterance level rather
than at frame level, which makes it impossible to extract content
information through, for instance, synthesis of speech from the
extracted features or automatic transcription [6].

2. System for Data Collection
This section describes hardware and software components of
the system which is used to collect data while preserving user’s
spoken content privacy.

2.1. Hardware Components

The hardware consists of a Matrix Creator board, consisting of
a microphone array, an inertial measurement unit, and several
other sensors, mounted on a Raspberry Pi 3 B+, as shown in
Figure 1. This setup is meant to be installed in room where
social activity and dialogue interaction occurs most frequently,
such as a dinning room or a sitting room.

Figure 1: Matrix Creator and Raspberry Pi 3 B+

2.2. Software Components

For voice activity detection, we employed the Auditok1 Python
binding. Based on watchdog2 input, the OpenSMILE [7] toolkit
and a user recognition module are used to process the audio file
and save the speech features in the attribute-relation file format
(ARFF).

2.3. Feature Sets

Three features sets are extracted which have been widely used
for emotion recognition [3, 5], eating conditions recognition [2]
and cognitive state detection [8]. These sets are: a) emobase:
an acoustic feature set containing Mel-Frequency Cepstral Co-
efficients (MFCCs), voice quality, fundamental frequency (F0),
F0 envelope, LSP and intensity features along with their first
and second order derivatives, along many statistical function-
als, resulting in a total of 988 features for every speech ut-
terance; b) ComParE [7], which comprises energy, spectral,

1https://pypi.org/project/auditok/ – last verified April 2019
2https://pythonhosted.org/watchdog/ – last verified April 2019
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Figure 2: A snapshot showing the process of feature extraction

MFCC, and voicing related low-level descriptors (LLDs), in-
cluding logarithmic harmonic-to-noise ratio, voice quality fea-
tures, Viterbi smoothing for F0, spectral harmonicity and psy-
choacoustic spectral sharpness, for a total of 6373 acoustic fea-
tures per utterance; and c) eGeMAPS [5] which contains the F0
semitone, loudness, spectral flux, MFCC, jitter, shimmer, F1,
F2, F3, alpha ratio, hammarberg index and slope V0 features,
and their functionals, for a total of 88 features per utterance.

2.4. Feature Extraction Process

The process of feature extraction is shown in Figure 3. Au-
ditok is used to detect voice “chunks” using the energy of the
audio signal in real time, and save them into pulse-code modu-
lation (PCM) streams. A user recognition module and openS-
MILE take these streams as input. The user recognition mod-
ule processes it to distinguish those streams which contain the
target user’s speech from other sounds (such as other speach
or noise). The latter are ignored, to further protect the privacy
of non-consented interlocutors. Upon extraction of the privacy
preserving acoustic features, the PCM streams are immediately
deleted. A snapshot showing feature extraction in progress is
shown in Figure 2. The Python script used for this purpose is
available through our git repository3.
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Figure 3: System architecture

3. Conclusion
AAL can benefit from unobtrusive, privacy-preserving systems
for gathering and processing of speech at home. This paper de-
scribes a simple and inexpensive system for capturing of speech
features which can be used in a number of automatic wellbeing
monitoring tasks, in the context of an AAL-based coaching sys-
tem for healthy ageing. Privacy protection and preservation in
audio and speech can be regarded from different perspectives,
including the protection of a person’s identity, protection of the

3git@git.ecdf.ed.ac.uk:fhaider/saam-av-capturing-system.git

content spoken, and protection of inferences one may be able to
draw from characteristics of a person’s voice (such as cognitive
or emotional status) [9]. A current limitation of our approach
is that it only addresses the second of these aspects. In future
work we aim to address identity and inference protection within
the general framework presented here.
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